Reverberation time (RT) is an important parameter for room acoustics characterization, intelligibility and quality assessment of reverberant speech, and for dereverberation. Commonly, RT is estimated from the room impulse response (RIR). In practice, however, RIRs are often unavailable or continuously changing. As such, blind estimation of RT based only on the recorded reverberant signals is of great interest. To date, blind RT estimation has focused on reverberant speech signals. Here, we propose to blindly estimate RT from non-speech signals, such as solo instrument recordings and music ensembles. To estimate the RT of non-speech signals, we propose a blind estimator based on an auditoryinspired modulation spectrum signal representation, which measures the modulation frequency of temporal envelopes computed from a 23-channel gammatone filterbank. We show that the higher modulation frequency bands are more sensitive to reverberation than the modulation bands below 20 Hz. When tested on a database of non-speech sounds under 23 different reverberation conditions with reverberation time (T40) ranging from 0.18 to 15.62 s, a blind estimator based on the ratio of high-to-low modulation frequencies outperformed two state-of-the-art methods and achieved correlations with EDT as high as 0.92 for solo instruments and 0.87 for ensembles.
INTRODUCTION
Reverberation plays an important role on the quality of a sound signal produced on an enclosed environment. Speech signal intelligibility, for example, is severely degraded in highly reverberant environments, as perceptual artifacts such as coloration and echoes are added to the direct sound signal. For non-speech signals such as music, however, the effect is not always prejudicial: totally anechoic music signals are usually perceived as not natural by listeners but, on the other hand, high reverberation times do degrade music quality and intelligibility [1] .
Quantifying reverberation is usually done by using the reverberation time (RT), which is the time it takes for a sound to decay by a given amount (typical values are between 10-60 dB) after its source has become inactive. Many standardized methods exist for measuring the reverberation time and related features from the room impulse response (RIR) of a given environment. However, there are cases where such information is not available and estimating the reverberation time directly from an observed reverberant audio signal is necessary. Such methods are called blind, as they are able to estimate the RT without access to the RIR.
Many blind reverberation time estimation methods exist, but most of them are tailored for speech signals. A few works target explicitly blind reverberation time estimation from non-speech signals such as music signals but present some shortcomings: the method described on [2] , for example, finds only a rough RT estimate for using as a parameter for a deverberation algorithm. The method shown on [3] requires recording the reverberant signal using multiple sensors, as it is based on the spatial coherence of the signal.
In this work, we have evaluated the performance of two blind RT estimation methods which were originally designed for speech signals and an intrusive quality metric when estimating RT related features from reverberant musical signals. These metrics, which are described in Section 2.2, were compared to reference estimates obtained directly from RIRs (described on 2.1). In Sections 2.3 and 2.4, the databases and experimental setup are presented, and the results are reported and discussed in Section 3. Finally, we present our conclusions in Section 4.
MATERIALS AND METHODS

Reverberation Metrics Based on the Room Impulse Response
Many reverberation-related measurements can be calculated by using the impulse response of a given environment [4] . These measurements may be related to perceptual qualities of sounds produced under such environment. Some characteristics that may be estimated based on the energy of the RIR, where the impulse response is noted as g(t) and its energy as [g(t)] 2 , are:
Clarity (C) is the logarithmic ratio between the initial energy of the impulse response (t 0 equal to 50 or 80 ms) and the remainder energy, given by:
This value is intended to characterize the clarity and transparency of music in a concert hall and its typical range is from about -5 to +3 dB.
Definition (D)
the ratio between the initial energy of the impulse response (again, with t 0 equal to 50 or 80 ms) and the total energy:
This measure is related to distinctness of sound which may be subjectively assessed as, for example, the intelligibility of speech on a given room.
Central Time (CT) the gravity center of the whole impulse response in milliseconds, given by:
A higher CT means that the energy is spread over time, which means the perceived effects of the reverberation last longer.
Early Decay Time (EDT) and Reverberation Time (T)
EDT is the decay time for the first 10 dB of the RIR energy. Times for other decays (such as 20 dB, 30 dB, 40 dB, and 60 dB) are also frequently measured. As in some cases the measured RIR does not have the necessary dynamic range for computing some of this measures, the standard procedure is to extrapolate the decay curve to find the reverberation times.
Blind Reverberation Time Estimation Methods
RSMR
The Speech to Reverberation Modulation Ratio, or SRMR, is a non-intrusive objective measure of speech quality and intelligibility proposed by Falk et al. [5] . It is based on the estimation of spectral modulation energy shifts, across frequency, caused by early and late reflections. The measure considers eight modulation frequency bands, from 4 to 128 Hz, for each of the 23 acoustic frequency bands of a gammatone filterbank. From this representation, it measures the energy shift from lower to higher spectral modulation bands. The inverse of the SRMR measure, that is the ratio of the total energy on the higher bands to the lower bands), is called here RSMR. It correlates well with the reverberation time, as shown in [6] ; there, the authors have employed a training stage, using speech signals with known reverberation time, to find a 2 nd order polynomial mapping function between the ratio values and the RT 60 values.
Löllmann's method
In [7] , the authors have proposed a maximum likelihood approach to reverberation time estimation. This approach, as the one previously proposed in [8] , is based on a statistical model of sound decay of reverberant speech, and considers also a statistical model for the acoustic impulse response. In order to reduce computational complexity, the speech signals are downsampled prior to RT estimation (as downsampling does not affect the energy decay behavior). The dowmsampled signal is divided into frames, which are then divided again in subframes. On these subframes, the energy, maximum and minimum value are checked to detect possible sound decay regions. ML estimates are then computed for each sound decay region and a smoothed histogram of these estimates is then used to obtain the final RT estimate. This method was also evaluated in [6] , where its performance was shown to be similar to RSMR for short reverberation times (0.2-1.0s). PEAQ PEAQ [9] is the ITU standard for objective measurement of perceived audio quality. PEAQ is based on a psychoacoustic model, which takes into account both the peripheral ear and higher level processing stages. Two peripheral ear models, one based on Fast Fourier Transform representations and the other on filterbanks, transform the input into excitation patterns.
These patterns are then processed by the cognitive model, which calculates several features (model output values) that are then used by an artificial neural network to compute a distortion index and an objective difference grade between the clean and distorted signals. While PEAQ is not a reverberation time estimation metric, it is related to the amount of distortion on the target signal. PEAQ is not a blind measure, as it requires access to the clean (anechoic) signal in order to estimate the amount of distortion.
Non-Speech Sound and Room Impulse Response Databases
Anechoic sound recordings from musical ensembles and solo instruments were used to evaluate the performance of the RT estimation methods. A total of 24 musical ensemble recordings was used. Fifteen files come from [10] , and another four were generated by mixing anechoic recordings of solo instruments provided in [11] . Each solo instrument channel was pre-processed using a noise gate prior to the mixing, in order to reduce background noise. For the solo instrument tests, 248 recordings were used; the files in [11] included the following orchestral instruments in various playing styles: bassoon, clarinet, flute, French horn, timpani, trumpet, viola, violin, cello, double bass, and trombone. One of the recordings is from a soprano singing voice. Additional databases [12, 13] were used, including samples from acoustic guitar, various percussion instruments and bagpipes.
For the room impulse responses, the OpenAIR library was used [13] . OpenAIR is a public database of acoustic impulse responses containing RIR obtained from different environments. While the database includes both real and simulated RIRs, only the real RIRs were used in our experiments, to a total of 23 different responses. The database RIRs range from short (T40 = 0.18 s) to very long reverberation times (T40 = 15.62 s).
Experiment setup and evaluation metrics
The experiment setup consisted on the following steps. First, we obtained direct measurements of several RT related metrics directly from the RIRs. We consider these measurements as references, since they had access to the impulse responses. The AcMus toolbox [14] was used for computing all the measurements described in Section 2.1. Then, we convolved all the RIRs with the ensemble and solo recordings to generated reverberant versions of the source signals. For this step, all RIR and source signals were downsampled to 16 kHz. While some of the source signals were stereo, only the left channel was used as SRMR and Löllmann's method operate on single channel signals only. The resulting files were then processed using the three methods described on the previous section. PEAQ's basic configuration was used, and files had to be upsampled to 48 kHz prior to processing as the implementation did not support other sampling rates [15] .
For the metrics evaluation, we computed the mean values for all reverberant files under the same RIR and used them to find the Pearson correlation coefficient for each method. Correlation coefficients were computed for ensemble files and solo instruments separately. Since PEAQ's maximum value is zero (for no distortion), the absolute value was used to compute the correlations so the correlation coefficients would have the same signal as for the other methods. Figures 1 and 2 show, respectively, the heat maps for the Pearson correlation coefficients between the estimated values from the sound files and the features obtained directly from the RIRs. Each of the values has three versions, being "A" and "C" the values obtained by using the A-and C-weighting filters from the IEC standard [16] and "Linear" the values obtained without weighting. Clarity and definition are inversely proportional to the reverberation time, while all other measurements are directly proportional.
RESULTS AND DISCUSSION
RSMR obtained the highest correlations of the three evaluated methods, with results as high as 0.87 for the early decay time in ensemble recordings, while Löllmann's method and PEAQ had correlations of 0.60 and 0.33 respectively. For solo instruments, RSMR obtained similar results; however, correlations decreased for the Löllmann method and increased for PEAQ, both being around 0.50 in this case. We also examined the mean square error of the T30Linear predictions for each method. A quadratic mapping function was used to map the measure values into T30Linear values, in seconds. This mapping step was also performed for Löllmann's method. While the original method results are values in seconds for the T60 RT metric, we noted that the mapping was not appropriate for non-speech signals, as the value range was between 0.9 and 1.1 and our reverberation time range for T30 values (which should be lower than T60) were between 0.1 and 11 s approximately. The mean square error was computed between the same points used for computing the correlation and the "true" T30Linear value (which was estimated directly from the RIR 
CONCLUSIONS
We compared the performance of two state of the art blind reverberation time estimation methods for non-speech signals. These methods have previously been demonstrated to have similar performances for speech signals [6] . However, this is not the case for non-speech signals, as RSMR has shown higher correlation coefficients than Löllmann's method: correlations as high as 0.87 and 0.92 were found for early decay time estimation for ensembles and solo instruments respectively. Both RSMR and Löllmann's method were tested using the same parameters as employed for speech signals. We also included PEAQ, an intrusive quality metric for audio signals, in our evaluation; still, it has shown poor performance both for musical ensemble and solo instrument signals.
